Abstract-In this paper, we present the design and implementation of a software defined orthogonal frequency division multiplexing (OFDM)-based underwater acoustic (UWA) communication system with link adaptation. Our system implementation is based on the customized versions of National Instruments Universal Software Radio Peripheral (USRP). The modified USRPs are interfaced with hydrophone front-ends for acoustic transmission. We investigate the performance of various adaptive algorithms where both modulation order/type and power on each subcarrier are selected based on channel conditions in order to maximize throughput. The experimental in-pool test results verify the superiority of adaptive transmission.
I. INTRODUCTION
Emerging underwater applications such as offshore oil field exploration/monitoring, oceanographic data collection, maritime archaeology, environmental monitoring, disaster prevention, port security etc. require the deployment of wireless links instead of conventional wireline links [1] , [2] . While radio and optical links can be possibly used underwater, acoustic transmission is widely deployed particularly due to long range transmission capability.
Underwater acoustic (UWA) modems have ranges up to several kilometers albeit at relatively low data rates. In an effort to improve link reliability and boost data rates, link adaptation can be used that involves the selection of transmission parameters according to channel conditions. While adaptive transmission techniques have been widely investigated for radio frequency (RF) channels, see [3] , the current results for adaptive UWA systems are rather limited. The studies in [4] - [8] rely on simulated channel and recorded data from earlier sea trials. On the other hand, the works in [9] - [13] provide results for adaptive UWA systems based on experiments conducted either in pool or sea. In [9] , an adaptive modulation and coding (AMC) technique is presented to maximize the data rate and the verification of the proposed technique takes place as a part of AUV Fest 2007 experiment. In [10] , two adaptive UWA algorithms are proposed inspired from the greedy algorithms earlier introduced in [14] , [15] for RF communications and their performances are tested during the KAM11 experiment. Aiming to maximize the spectral efficiency, the first algorithm of [10] adjusts the modulation level while the second one adjusts both the modulation level and the power on each sub-carrier. The experimental works in [11] , [12] are conducted by employing AquaSeNT commercial OFDM modem [16] . In [11] , the performance of AMC is studied for this modem's available modulation and coding pairs, i.e., BPSK, QPSK, 16-QAM and LDPC codes with rates of 1/2 and 3/4. The work is further extended to a multiuser scenario in [12] .
The existing experimental works on adaptive UWA OFDM systems are either based on the commercial modems [11] , [12] or conducted as a part of the large UWA measurement campaigns [9] , [10] . Such traditional hardware devices limit cross-functionality and can only be modified through physical intervention. On the contrary, software defined platforms provide efficient, relatively easy to implement and inexpensive solutions, where some or all of the PHY functionalities are implemented through modifiable software or firmware operating on programmable processing technologies. This allows new wireless features and capabilities to be added to existing systems without requiring new hardware.
To the best of our knowledge, the only experimental work that investigates adaptive UWA transmission on a software defined platform is reported in [13] . A modified software defined radio (SDR) platform (Ettus USRP N210) is employed in [13] and the performance of adaptive modulation is investigated through lake experiments. In our work, we adopt a similar approach and use National Instruments (NI) USRP 2930 where the RF cards are replaced by LFTX/LFRX baseband daughter boards. The modified USRPs are interfaced with hydrophone front-ends to create a software defined UWA experimental setup. Unlike [13] where only adaptive modulation is investigated (i.e., fixed modulation size is selected for all subcarriers), we investigate the performance of more advanced adaptive algorithms where both modulation order/type and power on each subcarrier are selected based on channel conditions to maximize throughput. We experimentally verify the performance of these adaptive algorithms on our customized software defined UWA platform and demonstrate the superiority of adaptive transmission.
The rest of the paper is organized as follows. In Section II, we introduce the overall system architecture followed by the description of adaptive algorithms under consideration. In Section III, we present the description of experimental set-up. In Section IV, we provide the experimental results obtained in the pool. Finally, we provide concluding remarks in Section V. 
II. SYSTEM MODEL

A. Overall Architecture
The block diagram of the adaptive OFDM system under consideration is illustrated in Fig. 1 . The transmitter first sends a known training sequence to estimate the channel. In our implementation, the training sequence is arranged in block type form [17] . In this arrangement, pilot symbols are transmitted periodically in which all subcarriers are used as pilot symbols. At the receiver side, the training sequence is extracted via Least Square (LS) estimation. Based on the channel state information (CSI), the transmission parameters, i.e., modulation type/size and power level on each subcarrier, are selected by the adaptive transmission algorithms (see Section II.B for further details). Then, this information is fed back to transmitter side (see Section II.C for additional details). Based on this received feedback, modulation sizes and power levels are assigned to subcarriers. Followed by the training phase, information data is then transmitted to the receiver.
We employ an OFDM system with K subcarriers. The input bit stream is first mapped to the modulation symbols. The adopted modulation types/sizes are BPSK, 4-QAM, 8-QAM and 16-QAM. K-point Inverse Fast Fourier Transform (IFFT) is applied to the modulation symbols and a cyclic prefix (CP) is appended to eliminate the intersymbol-interference (ISI) caused by multipath effects. At the beginning of each OFDM frame, one training sequence for frame detection and another training sequence for frequency offset estimation are added. Frames are separated from each other by a guard interval. After pulse shaping, the resulting signal is transmitted in the underwater channel. At the receiver side, the received signal is first convolved with known training sequence and the position of peak determines the beginning of frame. After frame synchronization, the Schmidl-Cox algorithm [18] is applied for frequency synchronization. Followed by the CP elimination, the resulting sequence is applied to Fast Fourier Transform (FFT). The received signal on the k th subcarrier in frequency domain is written as
where P k , H k and N k respectively denote the transmitted power,the estimated channel gain and complex additive noise/interference at k th subcarrier. This is followed by LS channel estimation and one tap equalizer. Finally, the equalized data symbols are demodulated and the information data is recovered.
B. Adaptive Algorithms
We consider three different adaptive algorithms which were originally proposed in the context of RF communications [14] , [15] and also considered for UWA communications in [10] . In Adaptive Algorithm 1, average throughput is maximized by assigning the highest modulation on each subcarrier in a manner not to exceed the targeted bit error rate (BER) on that subcarrier. In Adaptive Algorithm 2, bit loading is done in a way to maximize throughput while satisfying a targeted average BER. In this algorithm, bit loading is initiated by assigning the first bit to the subcarrier that imposes the least BER to accept one bit. The modulation levels are then increased for those subcarriers that require the least BER increment and the algorithm stops when the target BER is achieved. While the previous two adaptive algorithms rely on adaptive modulation, adaptive selection of modulation and power level is considered in the third one. Specifically, in Adaptive Algorithm 3, throughput is maximized by adaptive allocation of the modulation size and power level of each subcarrier while maintaining the BER at a specific threshold. Similar to the previous algorithm, a greedy algorithm is used to allocate modulation sizes and power levels. Bits are assigned to the subcarriers that need the least increase in power to reach the next modulation size. No data is transmitted on the subcarriers that experience deep fade (i.e., zero power is allocated). The algorithm stops when the total power is exceeded, or when all subcarriers achieve the highest modulation level (i.e., 16-QAM in our case). The flowchart of the algorithms are available in [14] , [15] .
C. Feedback Information
In the feedback phase, to ensure a reliable transmission, channel coding is employed. Specifically, we employ a 4 state convolutional encoder with a rate of 1/2 [19] . In Adaptive Algorithms 1 and 2, we use three bits to represent the selected modulation level. The constructed bit stream is then encoded by convolutional coding and mapped to QPSK symbols. In Adaptive Algorithm 3, in addition to modulation size, power levels are selected and mapped to 16 quantization levels. The quantization level is represented with four bits, then encoded by convolutional coding and mapped to QPSK symbols. Fig. 2 shows the block diagram of our experimental setup. At the transmitter side, the laptop computer generates adaptive OFDM symbols using LabVIEW. The data is transferred with Ethernet cable from the laptop to our customized software defined platform (NI USRP 2930). The RF cards in the USRPs are replaced by LFTX/LFRX baseband daughter boards with output sampling rate up to 5 MHz.
III. EXPERIMENTAL SET-UP
The signal transmitted by the NI USRP is further amplified by a power amplifier (GST YE5873A) to adjust the signal power for the input of acoustic hydrophone. The hydrophones are commercially available from Teledyne (Reson TC4040/TC4033) that are omni-directional and suitable for an operational frequency range from 1 Hz to 170 KHz. At the receiver, signal is received by hydrophone followed by a pre-amplifier (Reson VP1000). The received analog signal at the USRP is sampled and digitized to produce a digital signal which is then transferred to the laptop. The received signal is processed in LabVIEW to detect the transmitted data. 
IV. POOL EXPERIMENT RESULTS
In this section, we present the real-time experimental results obtained from pool trials to evaluate the performance of the designed adaptive OFDM system. The transmitter and receiver are submerged in the pool at a depth of 2 meters. The distance between transmitter and receiver is varied between 0.5 to 2 meters (See Fig.3) . The system parameters are summarized in Table I .
As an example to demonstrate real-time transmission, we transmit a specific OFDM symbol (that carries a generated PN sequence) with 64 subcarriers at a transmit power of 24 dB. The distance is 0.5 meter. The targeted average BER is selected as 0.05 1 . Fig.4 .a. illustrates the loaded bits on Fig.4 .b, we present average achievable throughput (in bits per subcarrier) by transmitting 10 packets of OFDM symbols with 500 bits per each packet. It is observed that Adaptive Algorithm 3 outperforms Adaptive Algorithm 2 for the considered range of total power. This performance difference decreases as the total power increases, since Algorithm 3 tends to distribute power among subcarriers more equally in high total powers regime resulting in a similar performance with Algorithm 2.
In Fig. 5 , we repeat the throughput test at the distance of 1 meter with 128 subcarriers. It can be noticed that Adaptive Algorithm 3 achieves higher modulation due to its ability to adapt power on each subcarrier. Comparing to the previous results, it can be observed that the system achieves lower throughputs as the distance increases due to higher attenuation and more severe multipath effects.
In Fig. 6 , we compare the BER of adaptive OFDM system (assuming the use of Adaptive Algorithm 2) with a nonadaptive OFDM system (i.e., with fixed modulation type regardless of channel conditions). 4-QAM is deployed for the non-adaptive system. 12 consecutive packets of PN sequence bits are transmitted. It is observed from Fig. 6 that unlike nonadaptive system, in an adaptive system, subcarriers can accept different modulation sizes with relatively lower average BER. In Fig. 7 , we present the averaged bits per subcarrier versus distance. The transmit power is 26 dB. It can be observed that the achieved throughput decreases as the distance increases due to attenuation and more severe multipath effects.
V. CONCLUSIONS
In this paper, we presented the design and implementation of an adaptive OFDM-based UWA communication system on a customized software defined platform. The physical layer was built upon adaptive algorithms where modulation size-type and/or power level were selected based on channel conditions. The adaptive OFDM system was tested in pool and its superior performance over non-adaptive counterparts was demonstrated.
